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ABSTRACT 



A stereo audio processing system for a stereo audio 
signal processing reproduction that provides improved 
source imaging and simulation of desired listening envi- 
ronment accoustics while retaining relative indepen- 
dence of listener movement. The system first utilizes a 
synthetic or artificial head microphone pickup and uti- 
lizes the results as inputs to an equalization circuit with 
the outputs coupled to a cross-talk cancellation com- 
pensation circuit utilizing minimum phase filter circuits 
to adapt the head diffraction compensated signals for 
use as loudspeaker signals. The system provides for 
head diffraction compensation including equalization 
and cross-coupling while permitting listener movement 
by modifying the cross-talk cancellation and diffraction 
compensation at frequencies substantially above ap- 
proximately ten kilohertz while maintaining substan- 
tially accurate equalization for the desired incidence 
angle. 

14 Claims, 16 Drawing Sheets 
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HEAD DIFFRACTION COMPENSATED STEREO 
SYSTEM WITH OPTIMAL EQUALIZATION 

BACKGROUND OF THE INVENTION 5 

This is a continuation in part of application Ser. No. 
109,197, filed Oct. 15, 1987. 

This invention relates generally to the field of audio- 
signal processing and more particularly to a system and 
method for stereo audio-signal processing and stereo 
sound reproduction incorporating head-diffraction 
compensation, which provides improved sound-source 
imaging and accurate perception of desired source-envi- 
ronment acoustics and equalization to ensure a natural 
sound quality under variety of listener-environment 
conditions while maintaining relative insensitivity to 
Ustener position and movement. 

There is a wide variety of prior-art stereo systems, 
most of which fall within three general categories or 
types of systems. The first type of stereo system utilizes 
two omnidirectional microphones usually spaced ap- 
proximately one half to two meters apart and two loud- 
speakers placed in front of the listener towards his left 
and right sides in correspondence one for one with the 25 
microphones. The signal from each microphone is am- 
plified and transmitted, often via a recording,, through 
another amphfier to excite its corresponding loud- 
speaker. The one-for-one correspondence is such that 
sound sources toward the left side of the pair of micro- 3Q 
phones are heard predominantly in the left loudspeaker 
and right sounds in the right. For a multiplicity of 
sources spread before the microphones, the listener has 
the impression of a multiplicity of sounds spread before 
him in the space between the two speakers, although the 35 
placement of each source is only approximately con- 
veyed, the images tending to be vague and to cluster 
around loudspeaker locations. 

The second general type of stereo system utilizes two 
unidirectional microphones spaced as closely as possi- 40 
ble, and turned at some angle towards the left for the 
leftward one and towards the right for the rightward 
one. The reproduction of the signals is accomplished 
using a left and right loudspeaker placed in front of the 
listener with a one-for-one correspondence with the 45 
microphones. There is very little difference in timing 
for the emission of sounds from the loudspeakers com- 
pared to the first type of stereo system, but a much more 
significant difference in loudness because of the direc- 
tional properties of the angled microphones. Moreover, 50 
such difference in loudness translates to a difference in 
time of arrival, at least for long wavelengths, at the ears 
of the listener. This is the primary cue at low frequen- 
cies upon which human hearing relies for sensing the 
direction of source. At higher frequencies (i.e., above 55 
600 Hz), directional hearing relies more upon loudness 
differences at the ears, so that high frequency sounds in 
such stereo systems have thus given the impression of 
tending to be more localized close to the loudspeaker 
positions rather than spread as the original sources had 60 
been. 

The third general type of stereo system synthesizes an 
array of stereo sources, by means of electrical dividing 
networks, whereby each source is represented by a 
single electrical signal that is additively mixed in prede- 65 
termined proportions into each of the two stereo loud- 
speaker channels. The proportion is determined by the 
angular position to be allocated for each source. The 
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loudspeaker signals have essentially the same character- 
istic as those of the second type of stereo system. 

Based upon these three general types of stereo sys- 
tems, there are many variants. For example, the first 
type of system may use more than two microphones and 
some of these may be unidirectional or even bidirec- 
tional, and a mixing means as used in the third type of 
system may be used to allocate them in various propor- 
tions between the loudspeaker channels. Similarly, a 
system may be primarily of the second type of stereo 
system and may use a few further microphones placed 
closed to certain sources for purposes of emphasis with 
signals to be proportioned between the channels. An- 
other variant of the second type of stereo system makes 
use of a moderate spacing, for example 150 mm, be- 
tween the microphones with the left angled microphone 
spaced to the left, and the right-angle microphone 
spaced to the right. Another variant uses one omnidi- 
rectional microphone coincident, as nearly as possible, 
with a bidirectional microphone. This is the basic form 
of the MS (middle-side) microphone technique, in 
which the sum and difference of the two signals are 
substantially the same as the individual signals from the 
usual dual-angled niicrophones of the second type of 
system. 

Each of these systems has its advantages and disad- 
vantages and tends to be favored and disfavored ac- 
cording to the desires of the user and according to the 
circumstances of use. Each fails to provide localization 
cues at frequencies above approximately 600 Hz. Many 
of the variants represent efforts to coimter the disadvan- 
tages of a particular system, e.g., to improve the impres- 
sion of uniform spread, to more clearly emulate the 
sound imaging, to improve the impression of "space** 
and "air,** etc. Nevertheless, none of these systems ade- 
quately reckons with the effects upon a soundwave of 
propagation in the space close to the head in order to 
reach the ear canal. This head diffraction substantially 
alters both the magnitude and phase of the soundwave, 
and causes each of these characteristics to be altered in 
a frequency-dependent manner. 

The use of head-diffraction compensation to make 
greatly improved stereo sound in a loudspeaker system 
was demonstrated by M. R. Schroeder and B. S. Atal to 
emulate the sounds of various concert halls with ex- 
traordinary accuracy. Schroeder measured the values 
of head-related transfer functions for an artificial or 
"dummy** head (i.e., a physical replica of a head 
mounted on a fully-clothed manikin) that had micro- 
phones placed in its ear canals. This information was 
used to process two-channel sound recorded using a 
second artificial head (i.e., to process a binaural record- 
ing). Since each ear hears both speakers, the system 
used crosstalk cancellation to cancel the effects of 
sound traveling around the listener's head to the oppo- 
site ear. Crosstalk cancellation was performed over the 
entire audio spectrum (i.e., 20 Hz to 20 KHz) 

For a listener whose head reasonably well matched 
the characteristics of the manikin head, the result was a 
great improvement in characteristics such as spread, 
sound-image localization and space impression. How- 
ever, the listener had to be positioned in an exact "sweet 
spot** and if the listener turned his head more than ap- 
proximately ten degrees, or moved more than approxi- 
mately 6 inches the illusion was destroyed. Thus, the 
system was far too sensitive to listener position and 
movement to be utilized as a practical stereo system. 
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In addition, in the prior art, several equalization doc- 
trines may be found. In one of these, a coupler for fitting 
microphones into an artificial head provides an acoustic 
equalization correspondmg to a flat ear-drum pressure 
response. Another doctrine specifies a flat response 5 
with respect to a diffuse sound field. These two ap- 
proaches are indicated in a paper by M. KJllion, "Equal- 
ization Filter for Eardrum Pressure Recording Using 
KEMAR Manikin," J. Audio Engr. Soc, vol. 27, pp, 
13-16 (1979 Jan./Feb.). Yet another doctrine demands a 10 
flat pressure response at the ear-canal entrance, as used 
in certain known artificial heads (e.g., in the Neumann 
KU-80). On the other hand, Schone, et al., U.S. Pat. No. 
4,338,494, teaches that the microphone response should 
be equalized flat with reference to a free-field, plane 15 
wave, incident at 0°. 

The role of the equalization is to remove those fre- 
quency characteristics of the artificial head that would 
be essentially repeated, but should not be, in the listen- 
er's head. These are the resonances of the cavities in the 20 
external ear, the pinna, and, if included in the artificial 
hear,, the ear canal. The prior art is not correct, how- 
ever, for incidence angles greater than 0'. For example, 
it might be desirable, under some circumstances, to 
place the loudspeakers so that they provide incidence 25 
angles of ±90° at an elevation angle at 45*. The frontal, 
0* incidence for free-field equalization in the prior art 
would then prove to be incorrect. 

It is accordingly an object of the invention to provide 
a novel stereo system which provides enhanced sound- 30 
imaging localization which is relatively independent of 
listener position and movement utilizing a novel equal- 
ization. 

It is another object of the invention to provide a 
novel stereo system for adapting sound signals utilizing 35 
head-diffraction functions, and crosscoupling with fil- 
tering to substantially limit the frequency range of such 
processing to substantially below approximately ten 
kilohertz to provide enhanced source imaging and accu- 
rate perception of simulated acoustics in such frequency 40 
range wherein equalization separate from the crosscou- 
pling is provided. 

It is a further object of the invention to provide 
means of utilizing head-diffraction functions and head- 
diffraction function related equalization so that they 45 
may be simulated by means of simple electrical analog 
or digital filters, in most cases of the minimum-phase 
type. 

It is a further object of the invention to provide a 
specific combination of free field signals to be used for 50 
respective specific incidence angles and to specify these 
angles in relation to the angles to be used for loud- 
speaker placement which combination is to be equalized 
to make for a flat microphone-signal response specifi- 
cally for that combination. 55 

It is a further object of the invention to provide an 
equalization method for modifying the signals to or 
from a crosstalk compensation means by filtering with 
an equalization transfer function whose magnitude is 
approximately proportional to the square root of the 60 
sum of the squares of the magnitudes of the acoustic 
transfer functions utilized for the crosstalk filters. 

Briefly, according to one embodiment of the inven- 
tion, an equalization method is provided for an audio 
processing system that generates compensated audio 65 
signals suitable for reproduction to a listener through a 
loudspeaker system. The audio processing system in- 
cludes source means for providing two channels of 
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audio signals having head-related transfer functions 
imposed thereon, and compensation means for provid- 
ing an inverse crosstalk characteristic of loudspeaker- 
to-ear listener transmission paths by employing a two 
port input, and two port output, cross-coupled filter 
system having transfer functions which approximately 
simulate acoustic transfer functions of the propagation 
paths from a loudspeaker to a first ear of the listener and 
from the loudspeaker to the second ear of the listener. 
The equalization method is characterized by the step of 
modifying signals at both ports of either the input or the 
output of said compensation means by transmission of 
each signal through a filter that is essentially the same 
for each of the signals. The filter simulates an equaliza- 
tion transfer function whose magnitude is approxi- 
mately proportional to the square root of the sum of 
squares of the magnitudes of the acoustic transfer func- 
tions. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The invention, together with further objects and 
advantages thereof, may be understood by reference to 
the following description taken in conjunction with the 
accompanying drawings. 

FIG. 1 A is a generalized block diagram illustrating a 
specific embodiment of a stereo audio processing sys- 
tem. 

FIG. IB is a generalized block diagram illustrating 
another specific embodiment of a stereo audio process- 
ing system. 

FIG. IC is a generalized block diagram illustrating 
another specific embodiment of a stereo audio process- 
ing system. 

FIG. ID is a generalized block diagram illustrating 
another specific embodiment of a stereo audio process- 
ing system including separate equahzation according to 
the invention. 

FIG. 2A is a set of magnitude (dB)-viersus-frequency- 
(log scale) response curves of the transfer characteris- 
tics from a loudspeaker at 30° to an ear on the same side, 
curve, S, and to the alternate ear, curve A, used in 
explaining the invention. 

FIG. 2B is a set of phase-(degrees)-versus-frequency- 
(log scale) response curves of the transfer characteris- 
tics from a loudspeaker at 30° to an ear on the same side, 
curve S, and to the alternate ear, curve A, used in ex- 
plaining the invention. 

FIG. 2C is a set of magnitude-(dB)-versus frequency- 
(log scale) response curves of the transfer characteris- 
tics of the filters shown in FIG. lA, filters S' and A', 
continuing in dashed line, and as modified by the factors 
G and F, respectively, continuing in solid line, used in 
explaining the invention. 

FIG. 2D is a set of phase-(degrees)-versus-frequency- 
(log scale) response curves of the transfer characteris- 
tics of the filters shown in FIG. lA, filters S' and A', but 
omitting the phase consequences of the factors G and F, 
and showing in dashed line the frequency region in 
which the magnitude modifications are made, used in 
explaining the invention. 

FIG. 3A is a set of magnitude-(dB)-versus frequency- 
(log scale) response curves of the transfer characteris- 
tics of a specific embodiment of the filters shown in 
FIG. IC, filters Delta (A) and Sigma (2) continuing in 
dashed line, and as modified in their synthesis, continu- 
ing in solid line, modifications alternatively accounting 
for the modifications represented by the filter factors G 
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and F, as shown in FIG. 2C> used in explaining the FIG. 7 is a schematic diagram illustrating a specific 

invention. embodiment of a biquadratic filter element. 

FIG. 3B is a set of magnitude-(db)-versus-frequency- FIG. 8A is a generalized block diagram illustrating a 
(log scale) response curves of the transfer characteris- specific embodiment of a shuffler-circuit inverse for- 
ties of a specific embodiment of the filter shown in FIG. 5 matter to produce binaural earphone signals from sig- 
IC. having characteristics similar to those in FIG. 3A, nals intended for loudspeaker presentation, 
showing first alternative modifications, used in explain- FIG. 8B is a generalized block diagram of the same 
ing the invention. embodiment illustrated in FIG. 8A, wherein the differ- 

FIG.3C is, a set of magnitude-(dC)- versus frequency- ence-sum forming networks are each represented as 

(log scale) response curves of the transfer characteris- ^0 single blocks. 

tics of the specific embodiment of the filters shown in FIG- ^ is a generalized block diagram illustrating a 

FIG, lA, having characteristics similar to those shown specific embodiment of a multiple shuffie-circuit for- 

in FIG. 2C, showing the modifications therein that are "matter fimctioning as a synthetic head, 

the consequences of the alternative modifications FIG. lOA is a generalized block diagram illustrating a 

shown in FIG. 3B, used in explaining the invention. specific embodiment of a reformatter to convert signals 

FIG.4Aisasetofmagnitude-(dB)-versus-frequency- intended for presentation at one speaker angle (e.g., 

(log scale) response curves of the transfer characteris- "^^^P signals suitable for presentation at another 

tics of a specific embodiment of the filters shown in speaker angle (e.g., ±15 ), employing two complete 

FIG. IQ having characteristics similar to those shown shume-circmt fom .„ . 

in FIG. 3A, showing second alternative modifications, P^.^' generalized block diagram illustratmg a 

used in explaining the invention. ^P^^^^^ ^""^^Tnl ""[^ reformatter for the same pur- 

FIG. 4B is a set of magnitude-(dB)-versus-frequency- P°^^ ^ ^" "^^"S ^^"1^ shuffle-circuit 

(log scale) response curves of the transfer characteris- ^' i- . , * , mi . 

tics of a specific embodiment of the filters shown in „ " ^ « S«=ne'aljzed block diagram illustratmg a 

FIG. lA. having characteristics similar to those shown " ?Pe«fic embodiment of a reformatter to convert signals 

in FIG. 2C, showing the modifications therein that are f ^"f^"^ for presentation via one loudspeaker layout to 

r u j x- *• signals suitable for presentation via another layout, 

the cons^aenc« of the alternative modifications ^^^i,,, ^^-side listener closely placed 

shown in FIG. 4A. used m explauung the invention. ^j^^ ^ ,^ loudspeakers. 

FIG. 4C IS aset of magnitude|BB)-versus-frequency- jjA is a set of transfer faction curves plotted 

(log scale) response curves of the transfer charactens- ^ .^^^^^^ „f ^. ^ particular artific- 

tics of a specific embodiment of the filters shown m ial head 

^^^i^'?^""!^ characteristics similar to thcKe shown pig is a set of transfer function curves plotted 

m FIG. 3A. showing third alternative modifications. fo^ an incidence angle of 30" and for a particular artific- 

us^ in explaining the mvention 35 1,^^^ ^nd for a 0° angle of incidence. 

FIG. 5 A IS a set of magmtude-(dB)-versus-frequency- 

(log scale) computer-generated response curves of the DETAILED DESCRIPTION OF THE 

transfer characteristics of the Delta filter shown in FIG. PREFERRED EMBODIMENT 

IC, having characteristics similar to those shown for piG. lA is a generalized block diagram illustrating a 

the Delta filter m FIG. 3A, showmg m dashed Une the 40 specific embodiment of a stereo audio processing sys- 

diffraction-computation specification, and in solid line tern 50. The stereo system 50 comprises an artificial 

the approximation thereto, with modification, com- head 52 which produces two channels of audio signals 

puted for the synthesis via a specific sequence of biqua- ^hich are coupled to a lattice network 54, as shown, 

dratic filter elements, used in explaining the mvention. " xhe signals from the artificial head 52 may be coupled 

FIG. 5B is a set of delay-versus-frequency-Qog scale) 45 to the network 54 by first recording the signals and then 

computer-generated response curves of . the transfer reproducing them and coupling them to the network 54 

characteristics consequent to the magnitude character- at a later time. The artificial head 52 comprises a physi- 

istics of FIG. 5A, with a biquadratic-synthesis curve cal dummy head, which may be a spherical head in the 

(minimum phase) shown in solid line, used in explaining illustrated embodiment, including appropriate micro- 

50 phones 64, 66. The artificial head may also be a replica 

FIG. 5C is a set of magnitude-(dB)-versus-frequency- of a typical human head using head dimensions repre- 

(log scale) computer-generated response curves of the sentative of middle values for a large population. The 

transfer characteristics of the Sigma filter shown in output of the microphones 64, 66 provide audio signals 

FIG- IC, characteristics similar to those shown for the having head-related transfer functions imposed thereon. 

Sigma filter in FIG. 3A, showing in dashed line the 55 The lattice network 54 provides crosstalk and natural- 

diffraction-coraputation specifications, and in solid line ization compensation thereby processing the signals 

the approximation thereto, with modifications, com- from the artificial head 52 to compensate for actual 

puted for the synthesis via a specific sequence of biqua- acoustical propagation path and head-related distortion, 

dratic filter elements, used in explaming the invention. The artificial head may alternately comprise a natu- 

FIG. 5D is a set of delay-{vs>versus-frequency-Gog 60 ral, living head whose ears have been fitted with minia- 

scale) computer-generated response curves of the trans- tare microphones, or it may alternately comprise a syn- 

fer characteristics consequent to the magnitude charac- thetic head. The synthetic head, to be described in detail 

teristics of FIG. 5A, with a biquadratic-synthesis curve at a later point in connection with FIG. 9, comprises an 

shown in solid line, used in explaining the invention. array of circuits simulating the signal modifying effects 

FIG. 6 is a block diagram of a specific embodiment of 65 of head-related diffraction for a discrete set of source 

a circuit illustrating sequences of biquadratic filter ele- signals each designated a specific source bearing angle, 

ments to obtain the solid line curves of FIG. 6A The signals from such a head, or alternate, are each 

through FIG. 6D, coupled to the network 54 which comprises filter cir- 
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cuits (S'G) 72, 74, crosstalk filters (A'F) 76, 78, and 
summing circuits 80, 82, configured as shown. The 
outputs of the network 54 are coupled to the loudspeak- 
ers 60 and 62, which are placed at a bearing angle (typi- 
cally ±30*) for presentation to a listener 84, as shown. 
In one embodiment of the system 50, the summed sig- 
nals at the summing circuits 80 and 82 may be recorded 
and then played back in a conventional manner to re- 
produce the processed audio signals through the loud- 
speakers 60 and 62. 

An alternative embodiment of a stereo audio process- 
ing system is illustrated in generalized block diagram 
form in FIG. IB. In the embodiment of FIG. IB, the 
stereo audio processing system 100 comprises an artific- 
ial head 102 or alternative heads as indicated above in 
connection with FIG. lA. The artificial head 102 is 
coupled, either directly or via a record/playback sys- 
tem to a compensation network 140 which comprises a 
crosstalk cancellation network 120 and a naturalizing 
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the outputs of the crosstalk compensation network 150a 
to provide equalization of summed signals from a set of 
summing circuits 166a, 170a to be then coupled to the 
loudspeaker 172, 174. 

The shuffler circuit ISOa comprises a direct crosstalk 
channel 155a and an inverted crosstalk channel 156a 
which are coupled to a left summing circuit 158a and a 
right summing circuit 160a, as shown. The left summing 
circuit 158a sums together the direct left-channel audio 
signal and the inverted crosstalk signal coupled thereto, 
and couples the resulting sum to a Delta (A) filter 162a. 
The right summing circuit 160a sums the direct right- 
channel signal and the direct crosstalk left channel sig- 
nal and couples the resulting sum to a Sigma (2) filter 
164a; The output of the Delta filter 162a is coupled 
directly to a left summing 166a and an inverted output 
is coupled to a right summing circuit 170a, as shown. 
The output of the Sigma filter 164 is couple directly to 
each of the summing circuits 166a and 170a, as shown. 



network 130. The crosstalk cancellation network 120 20 The output of the summing circuits 166a and 170a is 



comprises two crosstalk circuits 122 and 124 which 
impose a transfer function C=— A/S, where S is the 
transfer function for the acoustical propagation path 
characteristics from one loudspeaker to the ear on the 
some side, and A is the transfer function for the propa- 
gation path characteristics to the ear on the opposite 
side, as shown. 

Each crosstalk circuit 122, 124 is substantially limited 
to frequencies substantially below ten kilohertz by low 
pass filters 121 and 123 with response characteristic F 
having cutoff frequency substantially below ten kilo- 
hertz. The output of the crosstalk filter circuits 121, 123 
is summed with the output modified by the filters (G) 
110, 112, by the summing circuits 126, 128, of the oppo- 
site channel, as shown. The resulting signals are coupled 
respectively to crosstalk correction circuits 132 and 134 
which impose a transfer function of 1/(1— C^)., The 
resulting signals are coupled to the naturalization cir- 
cuits 136 and 138 which impose a transfer function of 
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coupled, optionally via a record/playback system, to a 
set of loudspeakers 172 and 174 arranged with a prese- 
lected bearing angle <f> for presentation to the listener 
176. Equalization circuit 157, 159 may be utilized alter- 
natively between the summing circuits 166a, 170a and 
the loudspeakers 172, 174. The specific nature of the 
equalization and crosstalk compensation networks is 
discussed in detail hereinafter. 

Each of the three alternative embodiments of FIG. 
lA, IB and IC may be show to be equivalent. For the 
purposes of explaining the overall functioning of these 
configurations, let the filters F and G of FIGS. lA and 
IB be regarded as nonfunctioning, i.e., to have a fre- 
quency-independent transmission function of unity. 
(The purpose and design of these filters or alternative 
equivalents will be described in detail hereinafter). 
Then, if the transfer function through the direct path 
(through G) in FIG. IB is computed, it is found to be 
(1/S)/(1-C2), equivalent to S' = S/(S2-A2), to obtain 



1/S, as shown. The output of the network 130 is then 40 a loudspeaker signal. Similarly, if the transfer function 



coupled, optionally via a recording/playback system, to 
a set of loudspeakers 140 and 142 for presentation to the 
ears 143, 145 of a listener 144, as shown. 

FIG. IC is a generalized block diagram of another 
alternative embodiment of a stereo audio processing 45 
system. The stereo audio processing system of FIG. IC 
comprises an artificial head 151 comprising two micro- 
phones 152, 154 for generating two channels of audio 
signals having head-related transfer functions imposed 
thereon. A synthetic head, which is described in greater 50 
detail hereinafter with reference to FIG. 9, may alterna- 
tively be used. The audio signals from the artificial or 
synthetic head 151 are coupled, either directly or via a 
record/playback system, to a shuffler circuit 150, which 
provides crosstalk cancellation and naturalization of the 55 
audio signals. 

FIG. ID is a generalized block diagram of an alterna- 
tive embodiment of a stereo audio processing system in 
accordance with the invention. The stereo audio pro- 
cessing system of FIG. IC comprises an artificial head 60 
(including a real synthetic head) 151a comprising mi- 
crophones 152a; 154a for generating two channels of 
audio signals having head related transfer functions 
imposed thereon. An equalization network 157, and 
another 159 are coupled , to the audio outputs of the 65 
microphones 152a, 154a to provide equalization for the 
inputs to a cross-talk compensation network 150a. The 
equahzation networks 157, 159 may also be coupled to 



through the cross path (through F) is computed, it is 
found to be (C/S)(l-C2), equivalent to A'=A/(S2- 

— A2), to obtain a loudspeaker signal. These S' and A' 
transfer functions are the same functions used in FIG. 
lA, and the same result would have been obtained if the 
F and G symbols had been carried along in the compu- 
tation. The equivalence may be extended to FIG. IC by 
requiring the Delta filter to be equal to (S'— A')/2 and 
requuing the Sigma filter to be equal to (S'H-A')/2. 
which are 1/(S— A) and l/(S-hA), respectively, ^d 
there is little difficulty in carrying the F an G symbols 
through the derivation also. 

Thus, an explanation of the functioning of any one of 
these embodiments will illustrate the functioning of 
them all. Referring to FIG. IB, for example, where the 
acoustic-path transfer functions A and S are explicitly 
shown, it may be seen that the left ear signal at Le 143 is 
derived from the signal at the microphone 114 via the 
transfer function SV(S2— A^) involving path S, to 
which must be added the transfer function -A2/(S2- 

- A2) mvolving path A. with the result that the transfer 
function has eqiial numerator and denominator and is 
thus unity. However, a corresponding analysis shows 
that the transfer function from the signal at the micro- 
phone 116 to the same ear, U 143 is AS/(S2-A2) to 
which must be added — AS/(S231 A^), thus obtaining a 
null transfer function. This analysis illustrates crosstalk 
cancellation whereby each ear receives only the signal 
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intended for it despite its being able to hear both loud- 
speakers. 

The embodiment of FIG. IB, except for the F and G 
filters^ was described by M, R. Schroeder in the Ameri- 
can Journal of Physics, vol. 41, pp. 461-471 (April 
1973), "Computer Models for Concert Hall Acoustics," 
FIG. 4, and later in the Proceedings of the IEEE, vol. 
63, p. 1332-1350 (September, 1975) "Models of Hear- 
ing," FIG. 4, Earlier equivalent versions may also be 
seen in B. S. Atal and M. R. Schroeder, "Apparent 
Sound Source Translator," U.S. Pat. No. 3,236,949 
(Feb. 26, 1966). 

However, the embodiment of FIG. IB will be inoper- 
ative if the various filter functions specified therein 
cannot be realized as actual signal processors. The ques- 
tion of reaiizability may be examined with the help of 
FIG. 2A and FIG. 2B, plots of the acoustic transfer 
functions S and A in magnitude and phase, respectively, 
for a spherical-model head. Plots for a more realistic 
model will differ from these only in details not relevant 
to reaiizability. Schroeder taught that the filter 
C=— A/S would be realizable, having a magnitude 
sloping steeply downward with increasing frequency, 
and similarly for the phase, indicating a substantial de- 
lay. The corresponding finite impulse response calcu- 
lated by Fourier methods would show a characteristic 
pulse shape substantially delayed from the time of appli- 
cation of the unpulse. The fulfillment of this causality 
condition is of the essence of reaiizability. Such an im- 
pulse response may be realized as a transversal filter. 
Schroeder saw that the filter C^ would also be realizable 
as a transversal filter, and that placement of C^ in a 
feedback loop would produce the realization of 
1/(1 — C^). The remaining filter, 1/S, however, would 35 
not be directly realizable because Schroeder's data to 
FIG. 2B, showed 1/S to exhibit a rising phase response 
being indicative of an advance, with calculation by 
Fourier methods showing a characteristic pulse re- 
sponse beginning prior to the application of the impulse. 
Nevertheless, it was realized that providing a frequen- 
cy-independent delay that would be equal in the two 
loudspeaker channels would be harmless, so that a 
transversal-filter realization employing augmented 
delay would be satisfactory for 1/S. 

The filter S' and A' of FIG. lA have the transfer 
functions shown plotted in FIG. 2C for magnitude and 
in FIG. 2D for phase, from spherical-model calcula- 
tions. Specific curves for S' and A' are represented by 
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able, so that FIGS. lA and IB show equally acceptable 
configurations. 

The rather large amounts of delay involved in the 
filters for both of the configurations of FIG. lA and 
FIG. IB, however," make them awkward for realization 
by means other than transversal filters or other devices 
capable of generating longer delays. Other means of 
realization, or synthesis, are much less troublesome and 
expensive if the filters to be synthesized are of the kind 
known as "mininlum phase" because then simpler net- 
work structures may be used with efficient, more wide- 
ly-known synthesis techniques. Minimum-phase filters 
have the property that the phase response may be calcu- 
lated directly from the logarithm of the magnitude of 
the transfer function by a method known as the Hilbert 
transform. If the transfer function is not of minimum 
phase, the calculation results in only a part of the phase 
response, leaving an excess part that is the phase re- 
sponse of an all-pass factor in the transfer function. 
Although many examples of all-pass filters are known, 
the synthesis of the phase . response of an arbitrarily- 
specified all-pass filter is not as well developed an art as 
the synthesis of minimum-phase filters. 

It is known in the art that the excess phase in the 
transfer functions A and S is nothing more than a fre- 
quency-independent delay (or advance). Thus, the 
Schroeder filters C and 1/S could have been realized as 
minimum-phase filters together with a certain frequen- 
cy-independent increment in delay, since products and 
30 ratios of minimum-phase transfer functions are also of 
minimum phase. However, it does not follow that 
I — C2 would be of minimum phase. Thus, the phase 
status of A' and S' does not follow. The difference be- 
tween two properly-chosen, minimum-phase transfer 
functions is one means of synthesizing an all-pass trans- 
fer function. 

However, it is one aspect of the invention to teach the 
use of minimum-phase filter synthesis in these systems. 
The inventors have been able to show that the transfer 
functions S+A and S— A have excess phase that is 
nothing more than a frequency-independent delay (or 
advance). Since the product of these is S2— A^, all of 
the filters considered thus far may be synthesized as 
minimum-phase filters, together with appropriate incre- 
ments in frequency-independent delay. This provides a 
distinct advantage since such augmentation is available 
through well-known means. 

It is a further aspect of the invention to teach limiting 
the frequency response of the crosstalk cancelling filters 
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the solid-line curves with dashed-line continuation, 50 A' to form A'F. The modification shown as the solid- 



while the solid line continuations show modifications 
imposed by the filter factor G, forming S'G, and im- 
posed by the filter factor F forming A'F, the filters 
shown in FIG. lA. However, the corresponding phase 
modifications are not shown in FIG. 2D, such further 
information not being required at this point. 

It may be seen from these unmodified curves that the 
S' and A' filters are realizable because of the steep 
downward slopes with increasing frequency in the 



line continuation in FIG. 2C illustrates the general form 
of such modifications delegated to the filter function F. 
The reason for limiting frequency response is that can- 
cellation actually takes place at the listener*s ears and it 
55 is reasonably exact in a region of space near each ear, a 
region that is smaller for the shorter wavelengths. Thus, 
if the listener should turn his head, his ear will be less 
seriously transported out of the region of nearly exact 
cancellation if the cancellation is limited to the longer 



phase, indicating abundant delay to allow realization by 60 wavelengths. Schroeder reports some 10° as the maxi 



transversal filters. Of course, if more delay were needed 
for that purpose, it would be harmless to provide equal 
increments in delay for each. In the configuration used 
by Schroeder and Atal, the filters to be realized are 

more nearly directly related to measurable data, S and 65 tially below 10 KHz will still allow accurate image 
A, and one may always proceed with the greater confi- portrayal over a wide enough frequency band to be 
dence the closer one stays to measured data in its origi- quite gratifying while allowing the listener to move 
nal form. Nevertheless, the requisite filters are realiz- over comfortable ranges without risking serious impair- 



mum allowable rotation, and some 6 inches as the maxi- 
mum allowable sideways movement for his system. It is 
a teaching of this invention that limiting the response of 
the crosstalk cancelling filter to a frequency substan- 
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ment of the illusion. Experiments with an embodiment 
of the system illustrated in FIG. IC confinn the correct- 
ness of this teaching. 

The solid-line extension for curve S' in FIG. 2C illus- 
trates one possible effect to be produced by the filter G 5 
of FIG. lA and FIG. IB. When the acoustic transfer 
functions are determined from the spherical model of 
the head, as used here for illustration, then the undula- 
tions determined for S' will not be the same as they 
would be for a more realistic model, especially at the 10 
higher frequencies. In accordance with the invention, 
the filter will not simulate the details of these undula- 
tions above a certain frequency. However, there is an- 
other reason not to simulate the higher-frequency undu- 
lations: listeners* heads will vary in ways that are partic- 15 
ularly noticeable in measurements at the higher frequen- 
cies, specially in the response functions attributed to the 
pinna. Thus, above a certain frequency, it would not be 
possible to represent these undulations correctly, except 
for a custom-designed system for a single listener. A 20 
correct simulation of these undulations will, however, 
affect only the tone quality at these higher frequencies, 
frequencies for which the notion of "tone" becomes 
meaningless. It is sufficient to obtain the correct aver- 
age high-frequency level, and dispense with detail. The 25 
solid-line extension of S' in FIG. 2C illustrates filter 
characteristics for one embodiment of the invention, 
and is characteristic of a system, as illustrated in FIG. 
IC, which the inventors have constructed and with 
which they have made listening tests. 30 

It is therefore to be seen that there are two reasons for 
limiting the crosstalk cancellation to frequency ranges 
substantially less than 10 kHz. The first reason is to 
allow a greater amount of listener head motion. The 
second reason is a recognition of the fact that different 35 
listeners have different head-shape and pinna (i.e., 
small-scale features), which manifest themselves as dif- 
ferences in the higher-frequency portions of their re- 
spective head-related transfer functions, and so it is 
desirable to realize an average response in this region. 40 

Plots of the magnitude of the transfer functions Delta 
of FIG. IC, namely 1— /(S— A), add of Sigma, namely 
1/(S-|- A), are shown in solid line in FIG. 3A. There, the 
dashed-Iine continuation shows the transfer function 
specified in terms of S and A in fuU for the spherical 45 
model of a head, and the. solid-line shows the transfer 
function approximated in the system of FIG. IC. The 
consequence of the modification illustrated in FIG. 3A 
is, in fact, the modification illustrated in FIG. 2C. The 
means whereby these transfer functions were realized 50 
will be discussed at a later point. It is seen that the 
modification in FIG. 3A consists in requiring a prema- 
ture return to the high-frequency asymptotic level (—6 
dB), premature in the sense of being completed as soon 
as possible, considering economies in realization, above 55 
about 5 KHz. 

The curve Delta in FIG, 3A shows an integration 
characteristic, a —20 dB-per-decade slope that would 
intercept the — 6 dB asymptotic level at about 800 Hz, 
with a beginning transition t asymptotic level that is 60 
modified by the insertion of a small dip near 800 Hz, and 
a similar dip near 1.8 KHz, after which there relatively 
narrow peak characteristic at about 3.3 KHz rismg 
some 7 dB above asymptotic, falling steeply back to 
asymptotic by about 4.5 KHz, followed by a small dip 65 
near 5 KHz, after which there is a rapid leveling out 
(solid-line continuation), at higher frequencies towards 
the asymptotic level. The curve Sigma in FIG. 3A 



shows a level characteristic at low frequencies that lies 
at the asymptotic level, followed by a gradual increase 
that reaches a substantial level (some 4 dB) above as- 
ymptotic by 800 Hz and continues to a peak at about 1.6 
KHz at some 9.5 dB above asymptotic, after which 
there is a steep decline to asymptotic level at about 2,5 
KHz, a small dip at about 3.5 KHz, followed by a nar- 
row peak of some 6 dB at about 5.0 KHz, followed by 
a relatively steep decline to reach asymptotic level at 
about 6.3 KHz that is modified (solid-line continuation), 
beginning at about 6.0 KHz, to begin a rapid leveling 
out to the asymptotic level at higher frequencies. 

The system of FIG. IC also included a high-pass 
modification of these curves at extreme low frequen- 
cies, primarily to define a low-frequency limit for the 
integration characteristics of the Delta curve. The same 
high-pass characteristic is used for Sigma also, for the 
sake of equal phase fidelity between the two curves. 
Although a 35-Hz high-pass comer was chosen, in com- 
mon, any in the range of approximately 10 Hz to 50 Hz 
would be very nearly equally satisfactory. 

It is a teaching of this invention that these curves may 
be modified to approximate Delta and Sigma in a vari- 
ety of ways, described below as alternative treatments 
of specifications of F and G for specific purposes. It is to 
be understood, however, that other modifications that 
result in curves following generalized approximations 
to the curves of FIG. 3A, or any of the curves thereaf- 
ter, including approximations to the high-frequency 
trends, whether for the spherical-model head, or replica 
of a typical human head, or any other model, and in- 
cluding consequences of such generalized approxima- 
tions for the filters of FIG. lA and FIG. IB, fall within 
the teachings of this invention. 

The curves shown in FIG. 3B illustrate means of 
obtaining an alternate G-filter effect mentioned above. 
It is seen that the solid-line extension for Delta is made 
to join with the solid-line curve for Sigma as soon as 
reasonable after 5 KHz, but that the Sigma curve is 
unmodified. Thus the difference between the two 
curves quickly approaches null, as shown in FIG. 3C by 
the trend in A'F towards minus infinity decibels. Thus F 
is as before, but it is also seen that S'G is the same as S\ 
i.e., G is unity. As mentioned before, this alternative 
would be useful in custom-designed formatters. 

Another alternative treatment of G is illustrated in 
FIG. 4A. There, the premature return to a high-fre- 
quency level is to a level some 2 dB higher than asymp- 
totic. The result is an elevated high-frequency level for 
S'G, as illustrated in FIG. 4B, while A'F shows the 
same high-frequency termination as previously indi- 
cated. 

Inspection of FIG. 4A suggests a lower-frequency 
opportunity for premature termination to a high-fre- 
quency level, namely at about 2.5 KHz. By forcing the 
Delta and Sigma curves to follow the same function 
above such frequency, the cut-off frequency for low- 
pass filter F will in effect, be determined to lie at about 
2,5 KHz, while the character of G will be determined 
by the alternative chosen for the character of the com- 
mon function to be followed above 2.5 KHz. Restric- 
tion of the crosstalk cancellation to such low frequen- 
cies will make the imaging properties more robust (i.e., 
being less vulnerable to listener movement). The price 
to be paid for such augmented robustness is, of course, 
a diminishment in imaging authenticity. 

However, a more general means to limit the fre- 
quency range of crosstalk cancelling^ one more general 
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than the ad hoc process of looking for a propitious loudspeakers even more severely than in ordinary ste- 
opportunity indicated by the curve shapes is illustrated reo recording. 

in FIG. 4C. Indicated in FIG. 4C as a solid line is an Investigation revealed that these few instances of 
approximation departing from the full specification, results that were less than satisfactory could be traced 
departures covering a broad range of frequencies, be- 5 to a common acoustic characteristic in the listening 
ginning with small departures at the lower frequencies, environment. In seeking to simulate a consumer-type 
undertaking progressively larger departures at higher environment, rooms had been mostly chosen that were 
frequencies. Useful formatters may be constructed by somewhat reverberant. However, in some of these lis- 
such means, useful particularly to provide a more pleas- tening setups, the loudspeakers had been placed so that 
ing experience for badly-placed listeners that might thus 10 reflecting acoustic paths were allowed that differed 
perceive an untoward emphasis upon certain frequen- from the direct acoustic paths, loudspeakers to ears, by 

delay amounts of up to a millisecond or so. Such com- 
The specific filter responses used in constructing a pg^ing paths, when of significant intensity and falling 
test system as shown in FIG. IC are illustrated in FIGS. ^jthin the same delay range as occupied by the cross- 
5A through 5D. These FIGS. 5A-5D show computer- 15 talk-canceling signal, can spoil part of the cancelling 
generated plots of the sphencal-model diffraction speci- ^f^ct The rooms in which good results had been ob- 
fications m dashed line and plots of the accepted ap- ^^^^^ ^^.^ reverberant, but the good result could 
proximations in solid hne. A computer was pro- t>e traced to a more fortunate loudspeaker placement, 
grammed to make the diffraction calcu ations and form sufficiently distant from reflecting surfaces to avoid 

the dashed Ime plot. However, it was also programmed 20 ^^^^^ approximately one to two mUlisecond delay re- 
to calculate the frequency response of the combmation flection oaths 

of filter elements to be construrted in realizing the ffl- Recordings" that had been made with the Aachener 
ers and m nmkmg the sol.d-hne plo«. Then the opera- j^^^(^) ^ ^fi^j^i made by Head Acoustics, 
tor adjusted the circuit parameters of the filter elements ^ c \ x. ^ ( ^ -^^l 

. . , ^ ^ J.-- ^. 1 1 GmbH, of Aachen» Germany were also processed with 

to obtain close agreement with the diffraction calcula- 25 - ' ^ / r .i. • ^- t^i. 

tions up to about 5 KHz. The filter thus designed was novel crosstalk processmg of the invention. These 

chosen to be a minimum-phase type. It was found that it ^^^^^^^f b^eji previously equaUzed with circm s 
is possible to obtain a simultaneous match for both the supplied by the maker to correct the microphone signals 
amplitude and the phase response except for an excess P^°^^^ ^ flat frequency response with reference to a 
phase corresponding to nothing more than a 30 P^^,^ "^/^ ,^P^" ^^^^ of the head, an 

frequency-independent delay (or advance). Since incidence angle of 0 Upon listening to the unprocessed 
filters 1/(S-A) and 1/(S+A) were being approxi- recordings, they showed an excellent normal stereo 
mated, these were thus established as of minimum effect characterized by the common stereo condition of 
phase, at least over the frequency range explored. ^ smooth spread of images in the space between loud- 

FIG. 5A illustrates the extent of agreement between 35 speakers, including a natural tendency to place images 
diffraction specification and accepted design for the somewhat outside this space, an overall stereo quality 
magnitude of Delta, plotted in decibels versus fre- . typically attained by ordinary stereo recordings, 
quency (log scale), and FIG. 5B illustrates the simulta- Moreover, when the recordings from this head were 
neous agreement in phase. The latter is actually a plot of crosstalk processed, hey fully satisfied every expecta- 
phase slope, or frequency-dependent delay in microsec- 40 ^i^" ^ fuU spatial envelopment, precise imaging to 
onds, versus the same frequency scale. Agreement in front, to the extreme sides, behind, and in elevation, 

phase slope is at least equal in significance as agreement Under unfavorable conditions (early reflecting 
in phase, but is of advantage in sensing a disagreement paths), the processed AK recordings showed a degrada- 
in frequency-independent delay (or advance), and such tion that was only moderate, retaining a stereo quality 
unifonn-with-frequency discrepancies were indeed 45 ^bat was always excellent, always noticeably better than 
found. Such discrepancies were found to be the same any ordinary stereo recording. This improved charac- 
for both the Delta and Sigma filters and could thus be teristic of relative insensitivity to listener-space acous- 
suppressed in the filter design. FIGS. 5C and 5D illus- tics is one of substantial utility. An analysis presented 
trate, respectively, curves similarly obtained for the hereinafter leads to an optimal equalization practice to 
Sigma filter. 50 ensure this characteristic. 

Recordings have been made with an artificial head, 'Hie principle technical effect of requiring the equal- 
and the recordings processed with a novel crosstalk ization for the artificial head to be a part of the head, not 
canceller according to the invention embodying the be a part of the crosstalk-cancelling filter, is to simplify 
filter-response curves of FIGS. 5C and 5D. The artific- the crosstalk-canceling filters by removing a common 
ial head was a commercially available Neumann KU-80, 55 equalization factor and placing it on the head side of the 
whose microphones provide accurate ear-canal- head crosstalk-canceller interface. This provides an 
entrance signals. Generally, with in this system the opportunity to make the design of the crosstalk cancel- 
processed recordings are quite good, however, there ling filter be independent of the artificial head and to 
can be a few instances in which the processed record- orient its design to suit the listener's head. This would 
ings sound somewhat like an ordinary stereo recording, 60 be appropriate because it is the listener's head that par- 
lacking the full spatial envelopment except perhaps at ticipates in the acoustic crosstalk process that is to be 
low frequencies. In addition, in these instances the im- cancelled. This alternate approach clarifies the role of 
ages that seemed largely confined to the space between the equalization to remove those frequency characteris- 
loudspeakers, and, in the worst of these instances, seem- tics of the artificial head that would be essentially re- 
ing to avoid placing images near the center of that 65 peated, but should not be, in the listener's head. These 
space. Listening to the unprocessed recordings, on the are the resonances of the cavities in the external ear, the 
other hand, also showed the faults of these few instances pinna, and, if included in the artificial head, the ear 
consistently with the images tending to cluster near the canal. 



4,910,779 

15 16 

One aspect of the invention comprises optimizing The reference direction has been taken to be 0° for the 
equalization to provide a specific combination of free- AK (Aachen head), but, for loudspeakers to be placed 
field signals to be used for specific incidence angles, and at ±30', a 30° is more appropriate, 
to specify these angles in relation to the angles to be Transfer-function data for an incidence angle of 30" 
used for loudspeaker placement, which combination is ' and for a particular artificial head are shown plotted 
to be equalized to make for a flat microphone-signal according to the above equations in FIGS. 12A and 
response specifically for that combination. IfB- ^i"'*"''??, "^T^ 520 labelled "difference" is a 

A detailed discussion of the basis for this equalization P'^' . ^: ^'"i^, solid-hne curve 522 labelled 
begins with reference to the previously defined 2 func- .„ /"T"' ^ P'°' °^J,i F]^' ^'^ *? ."Pf" 
tion defined to be equivalent to 1/(S+A) and the A f^^!''^"^ J^;!' ^ 

r *• J i- J * i_ ■ ^ J. ^ » /o A . lower dashed line curve 526 is a plot of 1/ A 2 \max 

function defined to be equivalent to 1/S- A The terms ^^^^ ^^^^^ equalized. The solid-line cur^e 520 in 
2 IS defined ^equivalent to S+A, and As as S-A. FIG. 126 is a plot of 1/|E1, while the dashed-line curve 
Since these and their reciprocals are of minimum phase. 532 the equalization curve that would be used for a 0' 
their phases constitute a redundant specification calcu- 15 g^gie of incidence. For the sake of clarity, the 3-dB 
lable by Hilbert transform and need not be specified, displacement between these two curves has been re- 
and their transfer functions are to be simulated by mini- tained. These data are for an artificial head constructed 
mum-phase filters. Thus we deal with | A' | and 1 2' | for at CBS Laboratories under a contract to NASA, 
analysis. . These can be expressed in terms of | S | , | A | , Comparison between FIG. 3A and FIG. 12A shows a 

and cos cor, the last being the cosine of interaural phase 20 generally similar structure. The null-crosstalk contour 
(written as the product of angular frequency with in- that may be constructed in FIG. 3A upon the intersec- 
teraural phase delay), as follows: tion points is, however, not flat because those curves 

have not been normalized against the equalization curve 
|A'|=(|^l2+|5|2_2|v4S|coja)T;* (6) for that spherical-modcl, piuua-frce, head. It is, ucver- 

and 25 theless, essentially flat, compared to the contours plot- 

ted in FIG. 12B, so that with the crosstalk canceller 
12'! =(Mp-f. i5i^+2|y45|cos a)T)i based on the curves of FIG. 3A performs essentially as 

expected for a flat null-crosstalk contour. Thus, this 
Thus, as has been seen, frequency-response plots of canceller is suitable for use with an artificial head pro- 
these functions would show a pattern of interleaved 30 vided with free-field equalization, 
alternations in curves that swing between an upper The difference between the curves of FIG. 12B, with 
envelope of due regard for the 3-dB inserted difference, are seen to 

be small compared to the range of variation shown in 
I ^'X i max= \s\ + \A\ (5a) FIG. 12B, totalling some 24 dB. Thus, a canceller based 

35 upon FIG. 3 A only approximating one that might be 
iA\2'Um= |S| - (5b) modeled from data taken for our own heads, would not 

provide decisive evidence as to the aptness of either 
These alternating curves intersect one another along a curve of FIG. 12B compared to the other. The large 
locus for which the cosine is null, and this locus is variations in FIG. 12B are typical of pinna resonances, 

, . . , , . 40 since ear canal resonances had been largely excluded in 

|AM'|^-(|^l2-f|5|¥=[(|A'l2+}2'|2)/2]i. (6) the design of the head. ^ 

^ ^ The curves 520, 522 ofFIG.12A differ from those of 

Of course, where A' and 2' are equal, there is no cross- piG. 3A in detailed ways that are typical of the ways in 
talk, so that \^\T\rms may be referred to as a "null- which actual heads differ, one to another, so that the 
crosstalk, crosstalk locus." Actually, zero crosstalk 45 curves of FIG. 3 A, not showing so much idiosyncratic 
requires A' and 2' to be equal in phase as well as magni- detail, stand a chance of suiting a wider variety of listen- 
tude, and this is approximated only after | A' | and |2' | ers* heads, better too than those of FIG. 12A. Thus, the 
have tracked each other over an extended frequency teaching of the prior art, of modeling crosstalk-cancell- 
interval. As expressed by the last equation, however. ing filters on a specific artificial head is not sound, in 
the curve defmes an equalization reference, because its 50 general, unless a "custom fit" to such a "listener's" head 
square is the total power-spectrum transmission to the is desirable for some special application, e.g., document- 
two ears. Thus a function E(a),d) may be iog t^e differences between such a precise fit in compar- 
ison to a "looser fit" in the design of crosstalk-cancell- 
i E((a,d)\ = I A'.2' I „m- ing filters. For equalization, however, it is desireable for 

55 the equalization curve, as in FIG. 12B, solid line 530, 
a function dependent upon frequency and incidence measured for a specific head, be used to equalize that 
angle. Taking E to be of minimum phase, it ca be used same head. If this be done for each head to be consid- 
to defme a free-field equalization for a particular refer- ered for use as pickup heads, then the same crosstalk 
ence (incidence) direction, ^o* canceller from which such equalization had been ex- 

The equalized transfer function for the difference ^ eluded may be used with such heads interchangeably, 
signal is designated 'N: design of the crosstalk canceller to suit a wide 

variety of listeners' heads, it would be appropriate to 
•N=sA7£{eo), (8a) obtain a fairly large Collection of equalized data such as . 

shown in FIG. 12A from a fairly large sample of heads, 
and designated, "P for the sum, 65 align their structures, i.e., the intersection points of their 

curves, points of maxima, etc., and determine a compos- 
•P=27£(eo). (8b) ite curve over sections between alignment points, a kind 

of structured average. Then, departures from the result- 
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ing curves, constructed on averaged positions for the amplifier 202, two capacitors 204, 206 and six resistors 

alignment points, may be undertaken to provide a toler- 208, 210. 212, 214, 216, and 218 configured, as shown, 

ance for motion on the part of a listener's head. The use With the circuit-element values shown, a peak at 1 

of sura-and-difTerence data equalized as in FIG. 12A KHz, of 10 dB height, and a 3 dB bandwidth of 450 Hz 

greatly facilitates such design efforts. It is contemplated 5 will be characteristic of the specific embodiment 

that the invention covers use of such design procedures shown. Design procedures for such filter elements are 

even if the canceller is to use lattice-arrayed filters, or well known in the art. Digital biquadratic filters are also 

other types of filters, since the lattice-array filters may well known in the digital signal-processing art. 

be derived from, for example, shuffler-array filters. The stereo audio processing system of the invention 

In an illustrated embodiment of the instant equaliza- 10 provides a highly realistic and robust stereophonic 

tion techniques and systems the free-field transmission sound including, authentic sound source imaging, while 

functions A and S, for a specified angle of incidence. reducing the excessive sensitivity to listener position of 

determined by measurement of an artificial head, are the prior art systems. In the prior art systems, such as 

used to determine the magnitude of an equalization Schroeder and Atal, in which head-related transfer 
function as the square root of the sum of squares of the 15 function compensation has been used, the entire audio 

magnitudes of A and S. Furter, a pair of identical, mini- spectrum (20 hertz to 20 kilohertz) was compensated 

mum-phase filers 157, 159 (see FIG, lA) simulating the and the compensation was made as completely accurate 

reciprocal of this equalization function, are used to as possible. These systems produced good sound source 

equalize the response from each of the ear microphones imaging but the effect was not robust (i.e., if the listener 
in that head, for such heads as are to be used in making 20 moved or turned his head only sHghtly, the effect was 

binaural recordings that are to be reproduced through lost). By limiting the compensation so that it is substan- 

loudspeakers placed at said specified angles relative to tially reduced at frequencies above a selected frequency 

the listener s head. An aspect of one of the illustrated which is substantially below ten kilohertz, the sensitiv- 

embodiments further specifies that any crosstalk cancel- ity to the listener movement is reduced dramatically, 

ling 150j of said recording be designed to exclude such 25 For example, providing accurate compensation up to 6 

equalization and be designed to suit the loudspeaker kilohertz and then rolling off to effectively no compen- 

locations relative to the listener's head, or a variety of sation over the next few kilohertz can produce a highly 

such heads. authentic stereo reproduction, which is also maintained 

Another aspect of one of the illustrated embodiments even if the Ustener turns or moves. Greater robustness 

includes the measurement of said transmission functions 30 can be achieved by rolling off at a lower frequency with 

for artificial heads whose microphone signals had been some loss of authenticity, although the compensation 

already equalized to some other standard to determine must extend above approximately 600 hertz to obtain 

equalization filters in the said manner either to replace significant improvements over conventional stereo, 

the existing equalization or to supplement it. To obtain the binaural recordings to be processed, an 

FIG. 6 is a detailed block diagram illustrating a spe- 35 accurate model of the human head fitted with carefully- 
cific embodiment of the system of FIG. IC. Operational made ear-canal microphones, in ears each with a realis- 
amplifiers (op amps) of Texas Instruments type TI 074 tic pinna may be used. Many of the realistic properties 
(four amplifies per integrated-circuit-chip package) of the formatted stereo presentation are at least partially 
were used throughout. The insertion of input, high-pass attributable to the use of an accurate artificial head 
filters (35 Hz comer) is not shown. In FIG. 6, input 40 including the perception of depth, images far to the side, 
signals are coupled from inputs 154, 156 to summing even in back, the perception of image elevation and 
circuits 158, 160 and each input is cross coupled to the definition in imaging and the natural frequency equal- 
opposite summing circuit with the right input 156 cou- ization for each. 

pled through an inverter 162, as shown. An integrator It may be also true that some subtler shortcomings in 

172 is placed in a Delta chain 170 as required at low 45 the stereo presentation may be attributable to the limita- 

frequencies, While inverters 173, 182 are inserted in tion in bandwidth for the crosstalk cancellation and to 

both Sigma and Delta chains 170, 180. In these chains, a the deletion of detail in the high-frequency equalization, 

signal-inversion (polarity reversal) process happens at For example, imaging towards the sides and back 

several places, as is common in op-amp circuits, and the seemed o depend upon cues that were more subtle in the 

inverters may be bypassed, as needed, to correct for a SO presentation than in natural hearing, as was also the case 

mismatch of numbers of inversions. The signals from with imaging in elevation, although a listener could 

the inverters 173, 182 are coupled to a series of BQ hear these readily enough with practice. Many of the 

circuits (Bi-quadratic filter elements, also known as needed cues are known to be a consequence of direc- 

biquads) 174 and 184. The resulting signals are thereaf- tional waveform modifications above some 6 KHz, 

ter coupled to outpiit difference-and-sum forming cir- 55 imposed by the pinna. It is significant that, these cues 

cults comprising summing circuits 190, 192 and aniin- survived the lack of any crosstalk cancellation or de- 

verter 194. tailed equalization at such higher frequencies, a survival 

As is generally known, biquads may be designed to deriving from the depth of the shadowing by the head 

produce a peak (alternative: dip) at a predetermined at such high frequencies so that such compensating 

frequency, with a predetermined number of decibels for 60 means are less sorely needed. 

the peak (or dip), a predetermined percentage band- The experience of dedicated "binauralists" is that 

width for the breadth of the peak (or dip), and an as- almost any acoustical obstacle placed between 6-inch 

ymptotic level of 0 dB at extreme frequencies, both high spaced microphones is of decided benefit. Such obsta- 

and low. cles have ranged from flat baffles resembling table-ten- 

A specific embodiment of a suitable biquadratic filter 65 nis paddles, to cardboard boxes with microphones taped 

element 200 is shown in FIG. 7. Other circuits for real- to the sides, to blocks of wood with microphones re- 

izing substantially the same unction are known in the cessed in bored holes, to hat-merchant's manikins with 

art. The circuit element 200 comprises an operational microphones suspended near the ears. One may, of 
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course, think of spheres and ovoids fitted with micro- be achieved by resorting to some corapromise regard- 
phones. Each of these has been found, or would be ing accuracy and specifically using spherical model 
supposed with justice, to be workable, depending upon functions. 

the aspirations of the user. The professional recordist A block diagram of the inverse formatter 240 using an 
will, however, be more able to justify the cost of a 5 alternative symbol convention for the difference-and- 
carefully-made and carefully-fitted replica head and sum-forming circuit is shown in FIG. 8B. Through the 
external ears. However, any error in matching the head box symbol, the signal flow is exclusively from input to 
to a specific listener is not serious, since most listeners output. Arrows inside the box confirm this for those 
adapt almost instantaneously to listening through arrows for which there is no signal-polarity reversal but 
"someone else*s ears." If errors are to be tolerated, it is 10 a reversed arrow, rather than indicating reversed signal- 
less serious if the errors tend toward the slightly over- flow direction, indicates, by convention, reversed signal 
size head with the slightly oversize pinnas, since these polarity. Also by convention, the cross signals are 
provide the more pronounced localization cues. summed with the direct signals at the outputs. 

This head-accuracy question needs to be carefully The above conventions are used, for compactness, in 
weighed in designing formatters that involve simulating IS making the generalized block diagram of a specific 
the effect of a head directly, as for the synthetic head to embodiment of a synthetic head 300 illustrated in FIG. 
be described hereinafter. One approach is to use mea- 9. A plurality of audio inputs or sources 302 (e.g., from 
sured head functions for these formatters. Fortunately, directional microphones, a synthesizer, digital signal 
the excess delay in (S— A) and (S + A), the needed func- generator, etc.) are provided at the top right each being 
tions, is that of a uniform-with-frequency delay (or 20 designated (i.e., assigned) for specific bearing angle, 
advance). The measurements, for most purposes, need here shown as varying by 5. increments from —90° to 
be only of the ear signal difference and of the ear-signal +90° although other arrays are possible. Symmetrical- 
sum, for carefiilly-made replicas of a typical human ly-designated input pairs are then led to difference-and- 
head in an anechoic chamber, and for most purposes sum-forming circuits 304, each having a Delta-prime 
only the magnitudes of the frequency responses need be 25 output and a Sigma-prime output, as shown. Each Sig- 
determined. This is fortunate, since the measurement of ma-prime output is coupled to a respective Sigma-prime 
phase is much more tedious and vulnerable to error. filter and each Delta-prime output is coupled to a Delta- 
Such phase measurements as might be advantageous in prime filter, as shown. The Delta-prime outputs are 
some applications, need be only of the excess phase, i.e., summed, and the Sigma-prime outputs are summed, by 
that of frequency-independent delay, against an estab- 30 summing circuits 306, 308, separately and the outputs 
lished free-field reference. are then passed to a difference-and-sum circuit 310 to 

An example of direct head simulation would be that provide ear-type signals (i.e , binaural signals). The 
of a formatter to accept signals in loudspeaker format treatment of the O'-designated input is somewhat excep- 
with which to fashion signals in binaural format (i.e., an tional because it is not paired, and the Sigma-prime filter 
inverse formatter). FIG. 8 A illustrates a specific em- 35 for it is 2S(0)=S(0°)+A(0°), determined for 0°, and its 
bodiment of a head-simulation inverse formatter 240 output is summed with that of the other Sigmas. In the 
including a difference-and-sum forming network 242 diagram, ellipses are used for groups of signal-process- 
comprising summing circuits 244, 246 and an inverter ing channels that could not be specifically shown. 
248 configured as shown. The difference and sum form- In the synthetic head 300, the Delta-prime and Sig- 
ing circuit 242 is coupled to Delta-prime filter 250 and 40 ma-prime filters may be determined by measurement for 
a Sigma-prime filter 252, the primes indicating that the each of the bearing angles to be simulated, although for 
filter transfer functions are to be S— A and S-f-A, in- simple applications, the spherical-model functions will 
stead of their reciprocals. The outputs of the Delta- suffice. Economies are effected in the measurements by 
prime and Sigma-prime filters is coupled, as; shown, to a measuring only difference and sums of mannikin ear 
second difference and sum circuit 260, as shown. The 45 signals and in magnitude only, as explained above. A 
first appearance of an inverse formatter, or its equiva- refinement is achieved by the measurement of excess 
lent may be found in Bauer, "Stereophonic Earphones delay (or advance) relative to, say, the 0* measurement 
and Binaural Loudspeakers," Jour. Acoust. Soc. Am., This latter data is used to insert delays, not shown in 
vol. 9. pp. 148-151 (April 1961), using separate S and A FIG. 9, to avoid distortions regarding perceptions in 
functions in approximation, showing a low-pass cutoff 50 distance for the head simulation, 
in A above about 3 KHz, and necessarily using explicit With regard to equalization, it is clear from the prior 
delay functions. See also Bauer, U.S. Pat. No. 3,088,997. art that the purpose of earphone equalization is to re- 
It is an object of this aspect of the invention to improve store the cavity resonance of the ear pinna disturbed by 
upon Bauer by providing a more accurate head Simula- the placement of earphones on the ears so that the ear- 
tion, eliminating the low-pass cut for A, and avoiding 55 canal sound is the same as if the soundwave had im- 
the explicit use of delay by employing the shuffler con- pinged in the uncovered pinna. Also of interest is mak- 
figuration with Delta-prime and Sigma-prime filters. ing the pressure response of the ear drum be flat with 
The use of faithful realizations of actual measured func- respect to the electrical signals supplied to the ear- 
tions provides a further improvement. Since crosstalk phone. Doctrines differ as to the soundfield that is to be 
cancellation is not a goal, there is no need for any kind 60 simulated as impinging on the pinna, whether it is to be 
of bandwidth limitation. a diffuse field or to be a free, plane-wave soundfield. 

An accurate head simulator in this form is suitable for That part of the prior art that specifies a free-field 
use with walk-type portable players using earphones. equalization also specifies 0* incidence. However, if 
The conversion of binaurally-made, loudspeaker-format crosstalk simulation is to be employed to simulate the 
recordings back to binaural is highly suitable for such 65 sound from loudspeakers at ±30% the earphone equal- 
portable players. Questions of cost naturally arise in ization should be designed for 30*. Similarly, if an arti- 
considering a consumer product, and particularly eco- ficial head, or electronic simulation thereof, is to be 
nomical realizations of the filters are desirable and may used to provide binaural signals equalized for a 30* 
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reference direction, then the earphone equalization 
should be designed for 30", 

Thus, earphone equalization, according to the inven- 
tion, entails the use of probe microphones in the ear 
canals of a representative listener, or artificial head, for 5 
two cases, one wearing earphones whose signals are 
supplied from crosstalk-simulating circuits modeled on 
that same head that have a flat nuU-crosstalk locus, and 
the other with pinnas uncovered to a plane wave inci- 
dent at the simulated angle, so that the earphone distur- 10 
bance as the square root of the sum squares of A and S 
may be determined. The equalization filters are then 
constructed to correct this disturbance and used to filter 
the input signals into the earphones for reproduction. 

The invention applies to the determination of equal- 15 
ization either as a replacement for a prior equalization 
that may be available or the earphones or as a supple- 
ment to such equalization. The invention also applies to 
equalization derived from structural averaging of data 
for a number of heads each measured in the manner 20 
stated hereinbefore. 

Binaural synthesis may employ crosstalk simulating 
filters that have a flat null-crosstalk locus. It should be 
clear that, since lattice-array crosstalk simulating filters 
may be derived from shuffler-array sum-and-difference 25 
filters, a flat null-crosstalk-locus characteristic for the 
corresponding lattice filters is readily specified. This 
flat locus should be unmodified for the filters that simu- 
late the same incidence angle that specifies the location 
of the loudspeakers. For the simulation of other inci- 30 
dence angles, the flat locus should be modified by the 
ratio of E fimctions, the ratio of that to be simulated to 
that for the loudspeaker locations, to serve as a specified 
equalization for simulating each of these other angles. 

Since these crosstalk simulating filters will naturally 35 
be modeled after a specific representative head, the 
above equalization is equivalent to having provided the 
head with equalization as taught herein. The equaliza- 
tion functions specified in the previous paragraph may, 
of course, be merged with the characteristics of the 40 
simulating filters as may prove convenient, so as not to 
appear as distinct characteristics, without departing 
from the invention. 

These equalization techniques and systems apply to 
the various audio applications recited in this application 45 
as well as to crosstalk cancellation and crosstalk simula- 
tion schemes, artificial-head microphone arrangements, 
and earphone equalization schemes found in the prior 
art. . 

Head simulation and head compensation used to- 50 
gether provide another aspect of the invention, a loud- 
speaker reformatter. A specific embodiment of a loud- 
speaker formatter 400 in accordance with the invention 
is illustrated in FIG. lOA. The loudspeaker reformatter 
processes input signals in two steps. The first step is 55 
head simulation to convert signals intended for a spe- 
cific loudspeaker bearing angle, say ±30°, to binaural 
signals, which is performed by an inverse formatter 403 
such as that shown in FIG. 8B. The processing in the 
second step is to format such signals for presentation at 60 
some other loudspeaker bearing angle, say ±15" by 
means for a binaural processing circuit 404 such as that 
shown in FIG. IC. The two steps may, of course, be 
combined, as is illustrated in FIG. lOB. An application 
of such a reformatter may exist in television stereo 65 
wherein it is very difficult to mount loudspeakers in the 
television cabinet so that they would be placed at bear- 
ing angles so large as ±30* for a viewer. 
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Another aspect of the invention provides loudspeaker 
reformatting for nonsymmetrical loudspeaker place- 
ments such as might be found in an automobile wherein 
the occupants usually sit far to one side. A nonsymmet- 
rical loudspeaker reformatter 500 in accordance with 
the invention is illustrated in FIG. 11. Compensation for 
the fact that the listener 512 is in unusual proximity to 
one loudspeaker 516 is accomplished by the insertion of 
delay 502, equalization 504 and level adjustment 506 for 
that loudspeaker. The delay and level adjustments are 
well known in tee prior art. However, a loudspeaker 
reformatter 508 provides equalization adjustment from 
head diffraction data for the bearing angle of the virtual 
loudspeaker 520, shown in dashed symbol, relative to 
the uncompensated, other-side loudspeaker 514. While 
a very good impression of the recording is ordinarily 
possible for such off-side listeners improved results can 
be obtained with such reformatting. Switching facilities 
may be provided to make the reformatting available 
either to the driver, or to the passenger, or to provide 
symmetrical formatting. 

A specific embodiment of the stereo audio processing 
system according to the invention has been described 
for the purpose of illustrating the manner in which the 
invention may be made and used. It should be under- 
stood that implementation of other variations and modi- 
fications of the invention and its various aspects will be 
apparent to those skilled in the art, and that the inven- 
tion is not limited by these specific embodiments de- 
scribed. It is therefore contemplated to cover by the 
present invention any and all modifications, variations, 
or equivalents that fall within the true spirit and scope 
of the basic underlying principles disclosed and claimed 
herein. 

What is claimed is: 

1. An equalization method for an audio processing 
system that generates compensated audio signals suit- 
able for reproduction to a listener through a loud- 
speaker system, including source means for providing 
two channels of audio signals having head-related trans- 
fer functions unposed thereon, and compensation means 
for providing an inverse crosstalk in the audio signals to 
correct for the acoustic crosstalk characteristic of loud- 
speaker-to-listener ear transmission paths by employing 
a two port input, and two port output, cross-coupled 
filter system having transfer functions which approxi- 
mately simulate acoustic transfer functions of the propa- 
gation paths from a loudspeaker to a first ear of the 
listener and from the loudspeaker to the second ear of 
the listener, said equalization method characterized by 
the steps of: 

modifying signals at both ports of at least one of the 
input and the output of said compensation means 
by transmission of each signal through a filter that 
is essentially the same for each of the signals, said 
filter simulating an equalization transfer function 
whose magnitude is approximately proportional to 
the square root of the sum of the squares of the 
magnitudes of said acoustic transfer functions. 

2. The equalization method of claim 1, wherein said 
equalization transfer function is incorporated into the 
filters of the said compensation means to provide an 
equalization that is the equivalent of modifying at least 
one of the input and output signals of said compensation 
means. 

3. The equalization method of claim 1, wherein said 
acoustic transfer functions are modified by division by 
said equalization transfer function, and said modified 
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functions are approximately simulated in said compen- 
sation means to provide an equalization that is the 
equivalent of modifying the signals of at least one of 
input and the output of said compensation means. 

4. An audio processing system including equalization 3 
to simulate an acoustic process that imposes head- 
related transfer-function characteristics upon a plurality 
of audio signals, comprising: 

source means for providing a plurality of audio sig- 
nals, each designated as corresponding to a respec- 10 
tive incidence direction of a plurality of incidence . 
directions relative to a front-reference incidence 
direction; 

a plurality of simulation means for imposing head- 
related transfer-function characteristics corre- 15 
sponding to each said designated incidence direc- 
tion upon each respective signal from said source 
means, and each simulation means characterized by 
a two-port input, nd two-port output, cross-cou- 
pled filter means whose transfer fimction simulates 20 
the acoustic transfer functions for a source inci- 
dence direction to a listener's ear and for said 
source incidence direction to the listener's other 
ear, each simulating means including filters in feed- 
back arrangements simulating approximations of 25 
said acoustic transfer functions, to produce a left- 
ear-designated signal and a right-ear-designated 
signal; 

summing means for summing left-ear-designated sig- 
nals together and for summing right-ear-designated 30 
signals together from the said plurality of simula- 
tion means to provide two combined outputs; 

a plurality of eqiiali ration filters for simulating the 
reciprocal of an equalization transfer function 
whose magnitude is approximately proportional to 35 
the square root of the sum of squares of the magni- 
tudes of the said acoustic transfer functions deter- 
mined for a reference incidence direction other 
than the front direction; and 
. means for modifying signals at least at one of the 40 
input and the output of each of said simulation 
means by transmission of each signal through one 
of the equalization filters that is substantially the 
same for each of the ports. 

5. The system of claim 4, wherein the means for mod- 45 
ifying also modifies the combined outputs of the sum- 
ming means. 

6. The system of claim 4, wherein said equalization 
transfer function is incorporated into the filters of each 
of said simulation means to provide an equalization that 50 
is the equivalent of modifying at least one of the input 
and the output of each of said simulation means. 

7. The equalization method of claim 4, wherein the 
acoustic transfer functions are modified by division by 
said equalization transfer function, and are approxi- 55 
mately simulated by said simulation means to provide an 
equalization that is the equivalent of modifying the 
signals of at least one of the input and the output of each 
respective simulation means. 

8. An equalization system for a source of audio signals 60 
comprising two microphones mounted either in the two 
ears of an artificial head or in a close proximity to the 
ears of a person's head, each microphone generating an 
audio signal, said equalization system comprising: 

a pair of equalization filters to modify in substantially 65 
the same manner each of the two signals obtained 
from the microphones, said equalization filters sim- 
ulating the reciprocal of ah equalization transfer 
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function whose magnitude is proportional to the 
square root of the sum of squares of the magnitudes 
of acoustic transfer functions for a sound source 
incidence direction to a listener's ear and for said 
sound source incidence direction to the listener's 
other ear. 

9. The equalization system of claim 8, wherein the 
microphones have been supplied with additional equal- 
ization other than that provided by said equalization 
filters such that the transfer functions to the listener's 
ears are not purely acoustic, and include the effects of 
said additional equalization, such that said equalization 
filters provide an equalization that is supplemental to 
said additional equalization. 

10. An audio recording method for recording equal- 
ized audio signals suitable for reproduction to a listener 
through a loudspeaker system in conjunction with a 
crosstalk compensation circuit, the method comprising 
the step of: 

providing two channels of audio signals having head 
related transfer function imposed thereon; 

filtering the channels of audio signals by processing 
the respective signals through a filter means which 
simulates an equalization transfer function whose 
magnitude is approximately proportional to the 
square root of the sum of the squares of the magni- 
tudes of a transfer function which approximately 
simulates a free field acoustic transfer function of 
the propagation path from a loudspeaker to a first 
ear of the listener and a transfer function which 
approximately simulates a free field acoustic trans- 
fer function of the propagation path from the loud- 
speaker to a second ear of the listener to create 
equalized audio signals; and 

recording the equalized audio signals suitably for 
subsequent reproduction. 

11. An equalization system for earphones, compris- 
ing: 

a designated pair of essentially identical earphones for 
which equalization is intended; 

measurement means for determining the free-space 
acoustic transfer functions from a sound source to 
each of two predetermined corresponding points at 
two ears of a representative natural or artificial 
head; 

signal source means for providing two essentially 
identical signals; 

signal modifying means for imposing head-related 
transfer functions for a designated source direction 
upon said signals; 

means for determining an acoustic transfer function 
from a free-space acoustic source to one ear from 
said source direction and an acoustic transfer func- 
tion from the source to the other ear, and for deter- 
mining a first equalization transfer function whose 
magnitude is the square root of the sum of squares 
of the magnitudes of the acoustic transfer func- 
tions; 

means for determining an earphone equalization 
transfer function that is the first equalization trans- 
fer function divided by a isecond equalization trans- 
fer function, 

filter means for simulating an approximation to said 
earphone equalization transfer function to modify 
two signals each in essentially the same manner, 

means for coupling the two modified signals to the 
earphones. 
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12. An audio processing system that generates com- 
pensated and equalized audio signals suitable for repro- 
duction to a listener through a loudspeaker system, 
comprising: 

source means for providing two channels of audio 5 
signals having head related transfer functions im- 
posed thereon; 

compensation means having two input channels and 
two output channels for providing an inverse 
crosstalk in the audio signals to correct for the 10 
acoustic crosstalk characteristic of loudspeaker to 
listener ear transmission paths having a transfer 
function which approximately simulates a free field 
acoustic transfer function of the propagation path 
from a loudspeaker to a first ear of the listener and 15 
a transfer function which approximately simulates 
a free field acoustic transfer function of the propa- 
gation path from the loudspeaker to the second ear 
of the listener; and 

filter means, coupled to the compensation means, for 20 
simulating an equalization transfer function whose 
magnitude is approximately proportional to the 
square foot of the sum of the squares of the magni- 
tudes of said acoustic transfer functions. 

13. A method of audio processing that generates com- 25 
pensated and equalized audio signals suitable for repro- 
duction to a listener through a loudspeaker system, the 
method comprising the steps of: 

providing two channels of audio signals having head 
related transfer functions imposed thereon; 30 

providing an inverse crosstalk of the audio signals to 
correct for the acoustic crosstalk characteristic of 
loudspeaker to listener ear transmission paths, hav- 
ing a transfer function which approximately simu- 
lates a free field acoustic transfer function of the 35 



propagation path from a loudspeaker to a first ear 
of the -listener and a transfer function which ap- 
proximately simulates a free field acoustic transfer 
function of the propagation path from the loud- 
speaker to a second ear of the listener; and 
simulating an equalization transfer function whose 
magnitude is approximately proportional to the 
square root of the sum of the square of the magni- 
tudes of said acoustic transfer functions. 
14. An audio processing system that generates com- 
pensated and equalized audio signals suitable for repro- 
duction to a listener through a loudspeaker system, 
comprising; 

source means for providing two channels of audio 
signals having head related transfer functions im- 
posed thereon; 

compensation mans having two input channels and 
two output channels for providing an inverse 
crosstalk in the audio signals to correct for the 
acoustic crosstalk characteristics of loudspeaker to 
listener transmission paths having a transfer func- 
tion which approximately simulates a free field 
acoustic transfer function of the propagation path 
from a loudspeaker to a first ear of the listener and 
a transfer function which approximately simulates 
a free field acoustic transfer function of the propa- 
gation path from a loudspeaker to a second ear of 
the listener and wherein the free field acoustic 
transfer functions are modified by division by an 
equalization transfer fimction whose magnitude is 
approximately proportional to the square root of 
the sum of the squares of the magnitudes of said 
acoustic transfer functions to thereby provide 
equalization and crosstalk compensation. 



40 



45 



50 



55 



60 



65 



